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Abstract – This paper mainly consists of two parts namely 

identification and comparison of adaptive delta modulated 

speech codec’s. Identification of the type of codec (and hence 

type of adaptive technique) requires relative classification of 

the extracted parameters like Auto correlation, mean, second 

order moment, third and fourth order moments which are 

unique to bit stream out of vocoder. In this paper, a 

performance comparison of different Adaptive Delta 

Modulated systems has been made by computer simulation 

using real speech. Among these systems we show Hybrid 

companding Delta modulation (HCDM) yields best 

performance in terms of segment SNR, mean square error 

and correlation. 
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INTRODUCTION 
 

Voice communication is a fast growing area in 

communication and networking. The network involved in 

communication session using specialized voice coding 

scheme result in encoding and decoding of  speech in the 

course of being communicated from source to destination.   

It is well known that among those codec’s adaptive delta 

modulation (ADM) is a simple and effective method of 

bandwidth compression in digital coding of speech[1][2]. 

ADM can produce an excellent quality of speech at a 

transmission rate of 32 Kbits/s which is nearly as good as 

the pulse code modulation (PCM) coded speech with the 

rate of 56 Kbits/s. The transmission rate of ADM can be as 

low as 8 Kbits/s, yet produce a reasonably good quality of 

speech and is replacing PCM in some parts of telephone 

communications where PCM has been used exclusively. 

Since the early 1960’s, many different ADM algorithms 

have been proposed. The performance of one ADM 

system can be different from others in terms of adaption of 

step size. In tactical communication we often send the 

encoded voice and in order to decode that voice we need 

to find the type of codec that was transmitted. For 

identification of the type of codec we need to generate 

different parameters like auto correlation, mean, binary 

ratio, second order moment, third and fourth order 

moments. For this we need a digital voice classifier which 

is shown in fig1. 

A digital voice bit stream signal is received and these 

bits are processed through independent processing 

operations [3]. These bits are divided into finite sequence 

of subsequent bytes, which are called as segments and 

calculate mean, central second, third and fourth order 

moments and auto correlation sequence on each segment. 

On the other hand the received bit stream is divided into 

finite sequence of subsequent bits, which are called as 

segments and processed to calculate the binary ratio on 

each segment of the received bit stream signal. These 

independent processing operations results are given to a 

decision box and finally it will identify the class of 

received bit stream signal.  

 

 
Fig.1. Digital Voice Classifier 

 

Although different ADM algorithms were proposed, but 

no comparative performance study among different ADM 

systems has been made. This led us to the identification 

and comparative performance study on various ADM 

systems. 

Depending on the companding method used, one can 

classify ADM systems largely in three categories-syllabic, 

instantaneous, and hybrid companding ADM’s. In 

instantaneous companding the DM step size is changed at 

every sampling time based on the present and previous 

sign bits. Example is constant factor DM which is similar 

to Jayant’s scheme, but has a two-bit memory[4][5][6]. In, 

syllabic companding the ADM step size is varied 

according to the input signal at a syllabic rate. A typical 

example is continuously variable slope delta modulation 

(CVSD) [4][7] or digitally controlled delta modulation 

[4][8]. Hybrid companding employs both syllabic and 

instantaneous companding schemes [9]. SONG voice 

algorithm will add or subtract a constant to step size with 

11… or 00… pattern respectively [10]. 

Following the introduction, we briefly review the 

algorithms studied in the present work, identification and 

comparison of ADM systems by computer simulation, and 

finally make a conclusion. 
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II. LINEAR AND ADAPTIVE DELTA 

MODULATION 
 

A. Linear Delta Modulation [1] 
It is the simplest form of delta modulation from which 

all other delta modulators have been developed. The 

operation of the LDM encoder is very simple and the 

block diagram is shown in fig 2.1. A band limited input 

analog signal is encoded into a binary signal which is 

transmitted to the decoder where the analog signal is 

recovered. The binary signal at the transmitter is locally 

decoded and compared to the input analogue signal. The 

error signal (i.e. the difference between the input and 

decoded signals) is quantized and forms the binary output 

signal. This binary signal is in fact a digital representation 

of the sign of the error signal. The local decoder in the 

feedback loop of the coder is an integrator, which is a 

linear network element. 

 
Fig.2. Linear Delta Modulator 

 

            bn   =  sgn (Yn – Xn-1) 

            Xn =Xn-1+ bnS0 

bn is the quantized error signal, 

Yn is the input signal, 

Xn is the LDM approximation signal  

S0   is the increment (step size) of the approximation signal. 

 

B. Constant Factor Delta Modulation 

(CFDM)[5][6] 
ADM with instantaneous companding is commonly 

referred to as constant factor delta modulation (CFDM) 

[5][6]. That is, the quantizer step size is changed at each 

sampling time by one of two specific factors, P and Q, 

according to the states of the present and previous bits, bn 

and bn-1. If bn =bn-1, the previous step size is multiplied by 

a factor P, and if bn #bn-1, it is multiplied by a factor Q. 

The adaptation constants P and Q are important 

parameters and it is necessary to have P > 1and Q < 1. To 

ensure stability of the decoded signal it is necessary that 

P*Q < 1. When the input signal is speech, the optimum 

values of P and Q are 1.5 and 0.66, respectively. The 

block diagram of CFDM is shown in fig 2.2. The CFDM 

seems to be promising for encoding video signals.  Linear 

DM is equivalent to a CFDM codec with both P and Q set 

to unity.  

 
Fig.3. Constant Factor Delta Modulator 

 

                       bn  =  sgn (Yn – Xn-1) 

                       Kn = P     if  bn bn-1 =1 

=Q     if  bn bn-1 =0 

Sn = Sn-1 kn  and   Xn=LXn-1 + Sn bn 

bn is the encoder binary output, Kn  is the multiplication 

factor for the step-size adaptation, Sn  is the step size and 

Xn is the approximation to the input signal Yn with L being 

the prediction constant 

 

C. Continuously Variable Slope Delta Modulation 

[7][8] 
Of the adaptive delta modulators that exploit the syllabic 

characteristics of speech the most commonly used is the 

CVSD codec [4][7]. The block diagram of the CVSD 

coder is shown in fig 2.3. The operation of the CVSD is 

quite simple: the slope detector compares a windowed 

sequence of the binary output signals (typically three or 

four bits in length) and generates a pulse if three (or four) 

consecutive 1’s or 0' sis detected. This pulse excites the 

syllabic filter, whose output polarity is controlled by the 

binary encoder output signal, and is used as the input to 

the prediction filter, which has a typical value for its time 

constant of 1 millisecond. The output of the prediction 

filter is compared to the actual input signal with the 

difference between the two being quantized to produce the 

binary output signal. 

The algorithm for the CVSD coder is given by 

bn  =  sgn (Yn – Xn-1)  

Sn=BSn-1+ (1-B) (V+S0) 

Xn=LXn-1+H (1-L)bnSn 

Where bn is the quantized error signal at the n
th

 sampling 

instant, Yn is the actual nth input sample, Xn is the 

estimate of the input signal, Sn is the step-size,S0  is the 

minimum step size, V is the output of the slope detector, V 

is a constant positive voltage if three consecutive outputs 

of the encoder are identical, otherwise V is zero, L is the 

prediction constant, B is the step-size leakage constant, 

and H is the gain of the prediction integrator. 
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Fig.4.  Continuously Variable Slope Delta Modulator 

 

D. Hybrid Companding Delta Modulation 

(HCDM)[9] 
Hybrid companding scheme that exploits both the 

syllabic and instantaneous characteristics of speech would 

appear to provide a potential improvement over both of the 

methods discussed previously. Instead of using a fixed 

basic step size the instantaneous compandor has a basic 

step size that is modified, according to the signal level 

over the syllabic period, by the syllabic compandor[4][9]. 

The basic step size thus produced is then modified by the 

instantaneous compandor to produce the actual step size 

used by the prediction filter. The block diagram of the 

HCDM encoder is shown in fig 2.4.  

 
Fig.5. Hybrid Companding Delta modulator 

 

The ADM step size is actually a function of the signal 

slope energy (E), the multiplication factor and the previous 

step size. This basic step size is changed abruptly every 5 

msec. It is important to choose a proper value of the scale 

factor α. The optimum value of α that gives maximum 

SQNR. When the input signal of HCDM is speech, its 

optimum value is 0.8.  

bn  =  sgn (Yn – Xn-1) 

The instantaneous step size adaptation is determined 

from the present output and the previous two outputs.      

               kn= f (bn,bn-1,bn-2) 

Table I: HCDM Companding Logic 

bn bn-1 bn-2 Kn 

-1 -1 -1 1.5 

-1 -1 1 1 

-1 1 -1 0.66 

-1 1 1 0.66 

bn bn-1 bn-2 Kn 

1 -1 -1 0.66 

1 -1 1 0.66 

1 1 -1 1 

1 1 1 1.5 

 

          ϒn = kn ϒn-1 

Kn is the instantaneous multiplication factor, ϒn is the 

instantaneous step size modification factor, and f (bn,bn-

1,bn-2) is specified by the logic rule shown in Table I. 

The long-term basic step size is obtained from the RMS 

slope energy of the low pass filtered decoded signal. It is 

updated at the syllabic rate 

21
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µ=αE 

Where Xn is the nth predicted speech sample, M is the 

number of samples in the syllabic period, E is the RMS 

slope energy, α is the slope energy scale factor, and µ is 

the long-term basic step size. 

The step size Sn = µϒn 

The estimate of the input sample is then given by 

Xn=LXn-1+bnSn 

Where L, the prediction constant is given by: L = exp (-

βT) with β being the inverse of the prediction time 

constant, and T being the sampling period. 

E. Song Voice Adaptive Delta Modulation 

(SVADM)[10] 
The SVADM scheme derives from an analytic, as 

opposed to empiric, approach to optimizing the transmitter 

and receiver and the block diagram is shown in fig 2.5. 

SONG voice algorithm will add or subtract a constant to 

step size with 11… or 00… pattern respectively [10].  

 
Fig.6. Song Voice Adaptive Delta Modulator 

 

              bn  =  sgn (Yn – Xn-1)  

Sn= |Sn|bn+S0bn-1 

Sn is the new step size, and S0 is the minimum step size 

The updated approximation to the input signal can then be 

written as      

                           Xn=LXn-1+bnSn 
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III. IDENTIFICATION OF ADM SYSTEMS 
 

The digital voice classifier is shown in fig 1.1. Here we 

are calculating different parameters like mean, central 

second, third and fourth order moments and auto 

correlation and binary ratio for the encoded bit stream. We 

experimented with segment length of 8000 bits and 

observed high accuracy with sufficient response time for 

classifying the digital voice bit stream. 

A. Parameters  of  Classification [3] 

1) Auto correlation 'AC': 
The autocorrelation of the signal represents degree of 

similarity between a signal and time-shifted version of 

itself. 

The mathematical expression of the auto correlation 

sequence of signal s (is) in discrete domain is represented 

as    

1

1
( ) ( ) ( )

N K

i

R k S i S i k
N K





 



    (2)

 

Where s(i) is the real values generated from the sliding 

window technique, N is the segment length, and k is the 

lag to compute.  

2) Central Moments: 
First four Central order moments are calculated to the 

different slides of incoming bit stream. The mathematical 

representation of k
th

 order moment for input sequence X(i) 

is given as  
1
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µ is the mean, µ2 is second order moment, µ3 is the 

skewness and µ4 is the kurtosis. 

3) Binary Ratio “BRO”: 
The BRO is calculated on each segment of digital voice 

bit stream. It is given as  

If b(i)=0;  then ZR=ZR+1. 

If b(i)>0;  then OR=OR+1.  

Then the binary ratio (BRO) is given as 

ZR
BRO

OR
       (4) 

Where, ZR is the number of lower levels in digital bit 

stream. OR  is the number of higher levels in digital bit 

stream.. 

 

IV. COMPARISON OF ADM SYSTEMS 
 

A. Performance  Factors [4] 

1) Signal to Quantization noise ratio: 
With the ADM systems optimized, the SQNR of each 

system was measured using real speech as an input. The 

SQNR used as a performance measure here is defined as 

follows. 
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Whereas nS is the input speech sample and 
nS  is the 

predicted sample. 

2) Correlation Coefficient: 

The correlation coefficient ( XYR ) of two variables is the 

covariance of the two variables divided by the product of 

their individual standard deviations. It is a normalized 

measurement of how the two variables are linearly related. 

The two variables are input value ( ( )X i ) and the 

predicted value ( ( )Y i ) whereas X  and Y  are the mean 

values of the input and the predicted values. 
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3) Mean  Square  error   
In statistics, the mean squared error (MSE) of 

an estimator measures the difference between the 

estimator and what is estimated. The MSE is the 

second moment of the error. If 
iY  is a vector of n 

predictions, and iY  is the vector of the true values, then 

the (estimated) MSE of the predictor is:  

 2
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MSE Y Y
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    (7) 

 

V. EXPERIMENTAL RESULTS 
 

A performance comparison of different ADM systems 

for different bit rates has been made by computer 

simulation using real speech. Here we are comparing 

LDM, CFDM, CVSD, HCDM and SVADM by different 

performance factors like segment SNR, mean square error 

and correlation coefficient. For identification of type of 

codec, limits of different statistical parameters were 

generated. 

A. Results of Identification 
Here we used 17 audio recordings with 5 encoding 

techniques. These recorded audio files were sampled and 

these samples were encoded using LDM, CFDM, CVSD, 

HCDM and SVADM techniques. The   parameters like 

auto correlation, binary ratio, mean, second order moment, 

third and fourth order moments were generated for these 

http://en.wikipedia.org/wiki/Statistics
http://en.wikipedia.org/wiki/Estimator
http://en.wikipedia.org/wiki/Moment_(mathematics)
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encoded files. In order to identify codec of any delta 

modulated encoded file we need to generate the 

parameters and these parameters will be compared to the 

parameters in the limit bank and the codec with maximum 

correlation is taken into the consideration. In the Table II 

shown below the auto correlation values are normalised by 

1000. 

 

Table I: Limit Bank for different Codec’s 

CODEC BRO ACS MEAN CSOM TOM FOM 

CFDM-8 0.22-0.4 3.8-4.5 182-208 0.03-0.16 -1.27--0.89 2.58-3.91 

CFDM-16 0.23-0.46 3.5-4.5 174-207 0.04-0.19 -1.21--0.7 2.3-3.7 

CFDM-32 0.26-0.54 3.2-4.3 163-205 0.04-0.23 -1.14--0.53 1.98-3.38 

CVSD-8 0.38-0.54 3.3-3.9 162-188 0.1-0.27 -0.98--0.55 1.92-2.83 

CVSD-16 0.26-0.47 3.7-4.5 173-206 0.06-0.27 -1.49--0.76 2.11-4.22 

CVSD-32 0.17-0.43 4-4.9 179-216 0.06-0.27 -1.61--0.88 2.19-4.6 

HCDM-8 0.24-0.44 3.6-4.4 176-205 0.04-0.18 -1.22--0.8 2.36-3.81 

HCDM-16 0.25-0.5 3.4-4.3 171-204 0.04-0.2 -1.28--0.69 2.23-3.98 

HCDM-32 0.28-0.59 3.1-4.2 159-199 0.05-0.25 -1.02--0.48 1.93-3.15 

SVADM-8 0-0.46 3.4-6.4 169-255 0-0.23 -31.6--0.38 1.63-999 

SVADM-16 0.01-0.59 3.1-6.4 159-253 0.04-0.29 -9.38--0.38 1.8-97 

SVADM-32 0.16-0.73 2.1-5.1 147-221 0.06-0.33 -1.77--0.2 1.63-5.05 

 

B. Results of Comparison 
Here we are comparing different codec’s like LDM, 

CFDM, CVSD, HCDM and SVADM in terms of Segment 

SNR, mean square error, and correlation coefficient for 

different bit rates of 8kbps,16kbps and 32 kbps. 

 
Fig.7. Mean Square Error vs Segment(bit rate: 8kbps) 

 

 
Fig.8. Correlation Coefficient vs segment(bit rate:8 kbps) 

 

 
Fig.9. Segment SNR vs Segment(bit rate: 16 kbps) 

 

 
Fig.10. Mean Square Error vs Segment(bit rate: 16 kbps) 
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Fig.11. Correlation Coefficient vs segment (bit rate:16 

kbps) 
 

 
Fig.12. Segment SNR Vs Segment (bit 32Kbps) 

 

 
Fig.13. Mean Square Error vs Segment(bit rate: 32 kbps)  

 

 
Fig.14. Correlation coefficient Vs segment (bit rate 

32kbps) 

VI. CONCLUSION 
 

We have observed the performances of LDM and four 

representative ADM systems, i.e., CVSD, Jayant’s CFDM, 

and Un and Magdl’s HCDM and SVADM in noisy 

channels by computer simulation with real speech. Codec 

with higher bit rate gives the better results. The 

performance of HCDM is superior in SQNR to other 

systems. SVADM improves its performance over CVSD 

with the increment of bit rate.LDM exhibits poor 

performance compared to ADM systems. We have 

generated the limit bank for identification of the type of 

codec of the encoded signal by generating parameters like 

auto correlation, mean, binary ratio, second order moment, 

third and fourth order moments. Here variable rate scheme 

improves the segment SNR by 3 to 4 db 
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